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ABSTRACT 

Ambisonics are a series of flexible sound reproduction systems that decompose and reconstruct sound field 

by each order approximation of spatial harmonics decomposition. Circular or spherical microphone array has 

been used for Ambisonics recording. For an array with given radius as well as given number and 

configuration of microphones, the spatial harmonics signals up to certain temporal frequency and certain 

order can be derived from the array outputs with appropriate accuracy. When the temporal frequency exceeds 

the given limitation of array, however, spatial aliasing occurs in the derived spatial harmonics signals. Spatial 

aliasing in recording causes error in reconstructed sound field, which inevitably change the timbre in 

reproduction. The present work analyzes the timbre in Ambisonics recording by rigid circular and spherical 

microphone array. The binaural loudness level spectra are used as a criterion to evaluate the timbre in 

reproduction. The results indicate that, array recording influences little on the binaural loudness level spectra 

and thus timbre in final reconstructed sound field providing that the high-frequency limit of microphone 

array exceeds that of sound field reconstruction. Increasing number of microphones extends the 

high-frequency limit of array and thus improves the timbre. 

 

Keywords: Ambisonics, Timbre, Microphone array  I-INCE Classification of Subjects Number(s): 61.2 

1. INTRODUCTION 

Ambisonics are a series of flexible sound reproduction systems that use spatial harmonics 

decompositions of sound field as independent signals (1). The independent signals are decoded 

(linearly combined) and then reproduced by circular or spherical arrangement of loudspeakers. For a 

given order, Ambisonics are able to reconstruct target sound field within a region around the origin and 

below certain temporal frequency limit. Beyond the frequency limit, spectral error in reproduction 

stage occurs.  

Circular or spherical microphone array has been used for recording the spatial harmonics signals (2, 

3). Given the array radius as well as the number and configuration of microphones, the spatial 

harmonics signals up to certain order and certain temporal frequency can be derived from the array 

outputs with appropriate accuracy. When the temporal frequency exceeds the given high–frequency 

limit of the array, however, spatial aliasing occurs in the derived spatial harmonics signals.  

Both spatial aliasing in recording and spectral error in reproduction cause errors in final 

reconstructed sound field, thus inevitably change the timbre in reproduction. Some previous works 

have analyzed the physical errors in microphone array recording and Ambisonics reproduction. In 

present work, we use Moore’s modified loudness model to evaluate the timbre coloration in 

Ambisonics, especially those caused by circular and spherical microphone array recording. 

2. AMBISONICS AND MICROPHONE ARRAY RECORDING 

A counterclockwise spherical coordinate system is used in this paper. The origin of coordinates is 

located at the centre of the head. The sound source position is specified by distance 0≤ r ≤+∞, 

elevation –90°≤  ≤90° and azimuth 0°≤ θ <360°. Where  = 0° and 90°, respectively, correspond to 

the horizontal plane and top direction. In the horizontal plane, θ = 0° is the front and θ = 90° is the left. 
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The target sound field for a single incident plane wave is discussed because any sound field in 

source-free region can be decomposed into superposition of plane waves from different incident 

directions. For the Q order horizontal Ambisonics (4), suppose that M loudspeakers are arranged 

uniformly in a circle around the origin. Spatial sampling theorem requires M ≥ (2Q +1). The 

loudspeaker signals are expressed as a Fourier series of azimuth θS of incident plane wave and then 

truncated up to order Q. In the case of far-field loudspeaker layout, the signal for the ith loudspeaker at 

azimuth θi is given by: 
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Where E0 is a constant related to total signal amplitude. Eq. (2) represents set of (2Q +1) independent 

signals with various orders of directivity.  

Similarly, the loudspeaker signals for (L-1) order spatial Ambisonics can be expressed as a linear 

combinations of L
2
 spherical harmonic functions of incident direction up to order (L-1) (4). When M 

loudspeakers are arranged on a spherical surface around the listener, the minimum number M depends 

on the order (L-1) and loudspeaker layout, but at least should fulfill M ≥ L
2
. Let ΩS = (θS, S) denote the 

target direction of incident plane wave, and Ωi = (θi, i) denote the direction of ith loudspeaker. In the 

case of far-field and nearly uniform loudspeaker layout, the signal of ith loudspeaker is given by: 
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lP  is the associated Legendre polynomials. 

The independent signals in Eq. (2) and Eq. (4) can be recorded by a circular or spherical 

microphone array. In the case of horizontal Ambisonics, M’ omnidirectional microphones are arranged 

uniformly in a horizontal circle on a rigid cylinder surface with infinite length and radius rM. Let Ei’(θi’ , 

krM, θS) denote the output of i’ th microphone at azimuth θi’. Then the independent signals in Eq. (2) 

can be derived from a weighted combination of M’ microphone outputs (2): 
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Jq(krM) and Hq(krM) are q-order Bessel function and Hankel function of the second kind, respectively; 

k is the wave number. 

Similarly, in the case of spatial Ambisonics, M’ omnidirectional microphones are arranged on a 

rigid spherical surface with radius rM. Let Ei’(Ωi’ , krM, ΩS) denote the output of i’ th microphone at 

direction Ωi’. For nearly uniform microphone layout, the independent signals in Eq. (4) can be 

derived from a weighted combination of M’ microphone outputs (3): 
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jl(krM) and hl(krM) are l-order spherical Bessel function and spherical Hankel function of the second 

kind, respectively. 

Suppose that the independent signals in Eq. (2) and Eq. (4) are accurate. Q order horizontal 

Ambisonics or (L-1) order spatial Ambosonics is able to reconstruct target sound field with reasonable 

accuracy below a high-frequency limit fmax,H and within a circular or spherical region with radius rH: 
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Where c is the speed of sound. It can be seen that the product of fmax,H and rH increases with the order 

of Ambisonics.   

However, for a rigid circular or spherical microphone array with radius rM and an uniform layout 

of M’ microphone, the independent signals derived from Eq. (6) and Eq. (8) are accurate only below a 

high-frequency limit fmax,M that is imposed by spatial sampling theorem, 
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Otherwise, spatial aliasing error occurs in the independent signals derived from Eq. (6) and Eq. (8). 

Therefore, the final high-frequency limit for accurate sound field reconstruction depends on these 

of both microphone array in recording and Ambisonics reproduction. When the temporal frequency of 

target plane wave exceeds either the high-frequency limit of microphone array or that of sound field 

reproduction,  

),min( ,,max HmaxMmax ffff                         (12) 

error occurs the final reconstructed sound field which inevitably results in perceivable timbre 

coloration.  

3. ANALYSIS OF THE TIMBRE COLORATION IN THE FINAL RECONSTRCTED 

SOUND FIELD 

Moore’s modified loudness model (5), in which the inhibition between the binaural sound signals 

has been considered, is used to analyze the binaural loudness level spectra and then timbre coloration 

in Ambisonics recording and reproduction. The details of using Moore’s modified loudness model to 

analyze the timbre coloration are referred to (6). The procedure of the analysis in this paper includes 

following steps:  

• Calculate the binaural pressures in final reconstructed sound field.  

• Calculate the binaural loudness level spectra from binaural pressures using Moore’s modified 

loudness model. 

• Compare the binaural loudness level spectra for final reconstructed sound field with those of the 

target sound field. 

For a central listening position and incident plane wave from direction (θS, S), the binaural 

pressures can be evaluated using the far-field head-related transfer functions (HRTFs) (7): 

)(),,()()(),,()( 00 fSfHRTFfPfSfHRTFfP ssRRssLL               (13) 

Where S0(f) is the input stimulus.  

The summing binaural pressures for final reconstructed sound field can be evaluated by: 
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Where HRTFL(θi, i, f)  and HRTFR(θi, i, f) are HRTFs from the ith loudspeaker at far field distance 

to the left and right ear, respectively. 

Then the binaural loudness level spectra in each ERB (equivalent rectangular bandwidth) of 

auditory filter) is calculated. The relationship between the ERB and the center frequency of auditory 

filter (in kHz) is (8): 

)137.4(7.24  fERB                            (15) 

In view of the equivalent rectangular auditory filters, a new frequency scale called ERB Number 

can be introduced. The relationship between ERB Number and frequency f (in kHz) is:  

)137.4(log4.21 10  fERBN                     (16) 

The binaural loudness level spectra describe the perceived loudness level in different frequency 

bands. When the difference between the binaural loudness level spectra in final reconstructed sound 

field and that in target field exceeds 1 Phon/ERB (Just noticeable difference, JND), the timbre 

coloration can be perceived (9). This criterion is used in analysis the timbre coloration in microphone 

array recording and Ambisonics reproduction. 

4. RESULT AND DISCUSSTION 

A mono pink noise was used as the stimulus and scaled to be equivalent to a free-field pressure 

level of 70 dB. The distances from loudspeakers to the head center are all 1.45 m. The HRTFs of 

KEMAR artificial head that were calculated using boundary element method with an azimuthal 

resolution of 1º were adopted (10). 

4.1 Horizontal Ambisonics 

The Q = 5 order horizontal Ambisonics is taken as an example. The independent signals are 

recorded using a circular array with 12 microphones and various radius rM. Then the decoded signals 

are reproduced by 24 loudspeakers. The target sound field is incident plane wave at azimuth θS = 45° 

in the horizontal plane. Fig. 1 (a) to (e) shows the binaural loudness level spectra (BLLS) of 

Ambisonics reproduction using the ideal signals given by Eq. (2) and these recorded by microphone 

array with radius rM = 0.05 m, 0.1 m, 0.2 m and 0.3 m respectively. For comparison, the results of a real 

incident plane wave from θS = 45° are also plotted in the figures. In the figure, the abscissa represents 

frequency in number of ERB, and the ordinate is the BLLS in Phon/ERB. 

It can be observed from Fig. 1(a) to (e) that the BLLS in final reconstructed sound field of 

Ambisonics deviates from this of real plane wave above some frequency. The second row of Table 1 

lists the high-frequency limit at which the deviation of BLLS exceeds the JND of 1 Phon/ERB. The 

high-frequency limits for independent signals recorded by microphone array with radius 0.05 m or 0.1 

m are similar to this of ideal case. When the array radius exceeds 0.1 m, however, the high-frequency 

limit steadily decreases with increase of array radius. For target sound field of incident plane wave at 

other directions, the results are similar to above. 

Consider a circular region with radius rH = 0.0875 m that is matched to the average size of human 

head. According to Eq. (10), the high-frequency limit of the reproduction stage is fmax,H = 3.16 kHz for 

Q = 5 order Ambisonics. Moreover, for an array with various radius and M’ = 12 microphones, the 

high-frequency limit of the array is calculated by Eq. (11). Then the high-frequency limit of final 

reconstructed sound field is evaluated by Eq. (12). The results are a little bit less than these evaluated 

from BLLS calculation, as listed in the third row of Table 1. These results are reasonable because 

BLLS analysis yields the just perceivable error while Eq. (12) yields the high-frequency limit of 

accurate reconstructed sound field.    
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(a) Ideal                                   (b) rM = 0.05 m 

 
(c) rM =0.1 m                            (d) rM = 0.2 m 

 
(e) rM =0.3 m 

Figure 1 – BLLS of Ambisonics reproduction at θS = 45° 

 

Table 1 – The high-frequency limit for perceived timbre  

Independent signals Ideal 

From array with 12 microphones 

and various radius 

From array with 

24 microphones 

and radius 0.2 m 0.05 m 0.1 m 0.2 m 0.3m 

High-frequency limit 

evaluated from BLLS 

in ERBN ( or kHz) 

25 

(3.14) 

25 

(3.14) 

26 

(3.53) 

21 

(1.96) 

18 

(1.36) 

25 

(3.14) 

fmax in kHz evaluated 

from Eq. (12) 
3.12 3.12 3.12 1.64 1.09  
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 Actually, providing that the high-frequency limit of microphone array is higher than this of 

Ambisonics reproduction, below the high-frequency limit of Ambisonics reproduction, the influence 

of spatial aliasing error of microphone array on the final reconstructed sound field is neglectable. 

Eq. (10) and Eq. (11) and the condition of fmax,M > fmax,H yield: 

HM r

Q

r

M 2'
                              (17) 

For Q = 5, M’ =12 and rH = 0.0875 m, Eq. (17) yileds rM < 0.105 m which is consistent with the results 

from BLLS analysis.    

Eq. (17) is applicable to the design of microphone array for Ambisonics recording. It has been 

proved that a microphone array with large radius is preferred in view of improving the low-frequency 

signal-noise ratio in higher-order Ambisonics recording. However, Eq. (17) implies that a microphone 

array with large radius requires more microphones to avoid spatial aliasing in recording. For example, 

for an array with 24 microphones and radius 0.2 m, the last column of Table 1 lists the high-frequency 

limit evaluated from BLLS analysis and Eq. (12). Therefore, increasing array radius and number of 

microphone in array improve the low-frequency performance of signals, and at the same time, reduces 

the change in binaural loudness level spectra at high frequency. In other words, increasing array radius 

and number of microphone in array improves the timbre in reproduction. Of course, a tradeoff between 

the timbre performance in reproduction and the complexity of the microphone array should be made.  

4.2 Spatial Ambisonics 

The Q = 6 order spatial Ambisonics is taken as an example. The independent signals are recorded 

using a spherical microphone array with 64 microphones and various radius rM. Then the decoded 

signals are reproduced by 128 loudspeakers with nearly uniform layout. The target sound field is 

incident plane wave at (θ, ) = (90°, 90°). Fig. 2 (a) to (c) shows the BLLS of Ambisonics reproduction 

using the ideal signals given by Eq. (3) and these recorded by a spherical microphone array with radius  

rM = 0.1 m and 0.2 m, respectively. For comparison, the results of a real incident plane wave from 

(θ, ) = (90°, 90°) are also plotted in the figures.  

 

(a) Ideal                                   (b) rM = 0.1 m 

 

(c) rM = 0.2 m 

Figure 2 – BLLS of Ambisonics reproduction at (θ, ) = (90°, 90°) 
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Similar to the case of horizontal Ambisonics, the BLLS in final reconstructed sound field of spatial 

Ambisonics deviates from this of real plane wave above some frequency. The high-frequency limit at 

which the deviation of BLLS exceeds the JND of 1 Phon/ERB are 26, 25 and 21 ERBN, or  equally, 

3.53, 3.14 and 1.96 kHz, for ideal signals and signals recorded by a spherical microphone array with 

radius rM = 0.1 m and 0.2 m, respectively. When the array radius exceeds 0.1 m, the high-frequency 

limit steadily decreases with increase of array radius. For target sound field of incident plane wave at 

other directions, the results are similar to above. The physical reason and analysis of the results are 

similar to the case of horizontal Ambisonics and are omitted here.   

5. CONCLUSIONS 

Ambisonics utilize spatial harmonics of sound field as independent signals. Circle or spherical 

microphone array has been used for Ambisonics recording. The accuracy and then timbre in the final 

reproduced sound field depend on both the accuracy in the stage of sound field reconstruction and that 

in the stage of recording. For a given reproduction order and region (such as head radius), providing 

that the high-frequency limit of microphone array exceeds that of sound field reconstruction, array 

recording influences little on the binaural loudness level spectra and thus timbre in final reproduction. 

Otherwise, timbre coloration in final reproduction increases. Because the high-frequency limit of 

microphone array increases with the number of microphone, increasing number of microphone in array 

reduces the change in binaural loudness level spectra at high frequency and improves the timbre.   
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